Abstract: A method for sharp directive beamforming using a reflector is proposed. The method involves physically varying the transfer functions and the spatial correlation matrix by placing a planar reflector near a linear microphone array. We confirmed through experiments that the proposed method was effective for increasing the spatial nulls and minimizing the power of interference in the beamforming output and consequently achieving sharp directivity.
INTRODUCTION
Directivity control based on the beamforming method has been studied in order to estimate acoustic information such as the signal and arrival direction/location of each sound source [1] [2] [3] . By using a microphone array, it is possible to design a beamforming filter that emphasizes a target sound source arriving from an arbitrary direction. These filters are useful for facilitating video/audio teleconferencing [4, 5] , speech recognition [6] , and natural human-robot communication [7] . They are expected to work well even if there are many interference sources around the microphone array. Hence, it is important to achieve a sharp directive beamforming filter whose main lobe width is narrowed by reducing the power of interference sources in the beamforming output (output signal power). Figure 1 shows the ideal sharp directivity, which is achieved by reducing the power of interference sources arriving from all directions but not the power of the target source.
Sharp directivity can be achieved by minimizing the output signal power while constraining the output power of the target source over a broad frequency range. To minimize the output signal power, many studies have focused on methods for designing beamforming filters, such as the delay-and-sum method [8] , the minimum variance distortion response (MVDR) method [9, 10] , and the maximum signal-to-noise (S/N) ratio method [11] . In addition, Flanagan et al. proposed the multi-beamforming method [12] , which improves the S/N ratio by forming multiple delay-and-sum filters in order to emphasize each direct and reflected sound arriving from walls. However, it is difficult to minimize the output interference power since the cross-correlation between transfer functions [13] is increased at some frequencies. Because it is difficult to segregate the target from other interference sources, the output signal power is not reduced.
We propose sharp directive beamforming using a microphone array and a planar reflector. Our basic idea for forming sharp directivity is based on physically varying the transfer functions to reduce the cross-correlation between them. The planar reflector is placed near the linear microphone array, and direct and reflected sounds arrive from a sound source. The transfer functions are randomized by observing the reflected sounds, and we focus on reducing the cross-correlation between the transfer functions. When the arrangement of the microphones and reflector is known, the filter can be designed to emphasize the direct and reflected sounds arriving from a target source since the arrival direction and time delay of each reflected sound are modeled. If the cross-correlation between the transfer functions is reduced by positioning the reflector close to the array, the output signal power will also be reduced. Hence, in this paper, we propose a new microphone array structure designed to reduce the output signal power through the use of a planar reflector.
This paper is organized as follows. Section 2 describes the structure of a spatial correlation matrix for sharp directive beamforming and problems that occur with a conventional microphone array. In Sect. 3, we introduce the proposed method of using a planar reflector. Experiments are discussed in Sect. 4, and we conclude the paper in Sect. 5.
STRUCTURE OF SPATIAL CORRELATION MATRIX FOR SHARP DIRECTIVITY
We first define the beamforming filters based on the MVDR method and then investigate the structural requirements for the spatial correlation matrix necessary to form sharp directivity. Problems with a conventional array are discussed at the end of this section.
Beamforming Based on MVDR Method
Let us consider that M (> 1) microphones receive a target and K À 1 interference sources. Hereafter, K is assumed to be a large number (K ) M). Our goal is to form sharp directivity by emphasizing the target source arriving from an arbitrary direction and suppressing the interference sources. The transfer function from the mth microphone to the target and the kth interference source at frequency ! are denoted as A S;m ð!Þ and A N k ;m ð!Þ, respectively. When the source signal of the target and the kth interference source in the frequency domain are respectively described as Sð!; tÞ and N k ð!; tÞ, the observed signals xð!; tÞ ¼ ½X 1 ð!; tÞ; . . . ; X M ð!; tÞ T are given by xð!; tÞ ¼ Að!Þsð!; tÞ; ð1Þ
sð!; tÞ ¼ ½Sð!; tÞ; N 1 ð!; tÞ; . . . ; N KÀ1 ð!; tÞ T ;
where t and T denote a frame index and transpose, respectively. When the target and interference sources are propagated as plane waves, the power of the transfer functions is normalized as
Assuming that Sð!; tÞ and N k ð!; tÞ are also temporally uncorrelated with each other, we obtain
where EfÁg and H respectively denote the expectation operator and Hermitian conjugate. The output signal Yð!; tÞ is obtained using a beamforming filter wð!Þ ¼
The spatial correlation matrix, denoted as Rð!Þ, is defined since it is necessary to design wð!Þ when using the MVDR method. Because the norm of Að!Þ is dependent on K, Rð!Þ is normalized as
Our goal is achieved by minimizing the output signal power P out ð!Þ, as in Eq. (7), over a broad frequency range, subject to the response gain toward the target source, which is constrained as indicated by Eq. (9) . 
This filter design method is known as the MVDR method with a constraint [14] . Here, wð!Þ is calculated by
If Rð!Þ is not a full rank matrix, R À1 ð!Þ is calculated by using regularized Rð!Þ [15] . Since the spatial correlation matrix is included in the definition of the output signal power from Eq. (10), the structure of Rð!Þ is important in reducing P out ð!Þ. 
Modeling of Spatial Correlation Matrix Using
Orthogonal Transfer Functions We discuss the structural requirements of Rð!Þ for reducing P out ð!Þ. To investigate the structure of Rð!Þ, we decomposed Rð!Þ by the eigenvalue method, 
To calculate P out ð!Þ, the MVDR filter defined in Eq. (10) is substituted into the definition of the output signal power as
Since Rð!Þ is modeled using the transfer functions from Eq. (6), we calculate V ð!Þ and Ã À1 ð!Þ approximately using only Jð!Þ ( M) transfer functions. Here, Jð!Þ is the total number of transfer functions that are orthogonal to each other, which is expressed as
where ? represents orthogonality. Then, Rð!Þ can be approximated as 
Jð!Þ I Jð!Þ denote the approximated eigenvector matrix and eigenvalue matrix, respectively. By substitutingV V ð!Þ andÃ Ãð!Þ into Eq. (13), the approximated P out ð!Þ is calculated as 
From Eq. (16), we see that it is important to increase Jð!Þ to minimize P out ð!Þ.
Total Number of Orthogonal Transfer Functions when Observing Direct Sound
We estimate Jð!Þ with a microphone array placed in a free acoustic field. As in many conventional studies (e.g. [9] ), the transfer function is then modeled to consist of a direct sound. If a direct sound is propagated as a plane wave, the microphones receive K direct sounds arriving from target and interference sources, as in Fig. 2 . Then, the transfer functionsã a S ð!Þ andã a N k ð!Þ are modeled using h SD ð!Þ and h N k D ð!Þ, which are the array manifold vectors [10] of the direct sound of the target and the kth interference sources, respectively.
When using the linear microphone array, the target and the kth interference sources arrive from directions S and N k , respectively, and the mth components of h SD ð!Þ and h N k D ð!Þ are calculated as
where u and c respectively denote the distance between microphones and the sound velocity.
If the transfer functions of the target and the kth interference sources are orthogonal to each other, the cross-correlation between them, which is denoted as
The arrival direction of interference sources for which À À ð!; S ; N k Þ is equal to zero can be calculated as
where p is an arbitrary integer other than zero. The range of p is determined for each frequency band since N k is limited to 0 to 90 degrees. By numbering the directions that satisfy Eq. (22), Jð!Þ is calculated assuming the conditions depicted in Fig. 2 . More details are given in the numerical simulation discussed in Sect. 3.3, but essentially, Jð!Þ is small, especially in the low-frequency band. Because P out ð!Þ is not reduced, it is difficult to achieve sharp directivity.
PROPOSED METHOD
Our basic idea for increasing Jð!Þ is to physically vary the transfer functions, in this case, by placing a reflector near the microphone array. In this section, we estimate Jð!Þ when the planar reflector is placed near the microphone array in a free acoustic field.
Transfer Functions when Using Planar Reflector
Here, we consider the placement of a planar reflector near a linear microphone array in a free acoustic field, as shown in Fig. 3 . If we assume that the reflector is large enough, the directional range for capturing the direct sounds of sound sources will be limited. This means that Fig. 2 Observed signals using linear microphone array in free acoustic field. Fig. 3 Transfer functions when planar reflector is placed at a right angle to linear microphone array.
our proposed method will be useful when the target source is arriving from a certain directional range. Here, the planar reflector is placed at a right angle to the array to make the directional range of the target source as wide as possible. Then, the arrival range for capturing sound sources is limited to 0 to 90 degrees. This may be a disadvantage of the proposed method, although using the reflector has priority in shapening the directivity. The distance between the reflector and the center of the linear microphone array is l meters. The transfer functions from each sound source to M microphones are composed of a direct sound and a corresponding reflected sound. The transfer functions of the target and the kth interference sources are respectively modeled as
where h SR ð!Þ, h N k R ð!Þ, ð!Þ, and (ðÞ respectively denote the propagation vector of the reflected sound of the target source, the propagation vector of the reflected sound of the kth interference source, the reflection coefficient, and the time delay between the direct and corresponding reflected sounds. When each reflected sound is propagated as plane waves, the mth components of h SR ð!Þ and h N k R ð!Þ are given by
In general, transfer functions that include reflections have numerous of dips in their frequency response. If the number of microphones M is sufficiently large, not all of the microphones will have a dip at a specific frequency.
Total Number of Orthogonal Transfer Functions when Using Planar Reflector
To investigate Jð!Þ when placing a planar reflector near a microphone array, as shown in Fig. 3 , the crosscorrelation between a S ð!Þ and a N k ð!Þ, which is denoted by À ð!; S ; N k Þ, is calculated as 
From Eq. (29), we find that the additional value of the second and third terms in Eq. (28) becomes zero in the following interference directions:
where q is an arbitrary integer. Since many interference directions satisfy Eq. (31) when l is a sufficiently large number, the second and third terms in Eq. (28) can be ignored. Then À ð!; S ; N k Þ is approximated as
Upon placing the planar reflector, which is made of a highly reflective material, near the microphone array, the received power of reflected sounds is strong. Therefore, we assumed that jð!Þj 2 % 1. Then, the approximated À ð!; S ; N k Þ in Eq. (32) becomes zero in the following directions:
where r is an arbitrary integer limited to the value range of N k , which is from 0 to 90 degrees. By numbering the directions that satisfy Eqs. (33a) and (33b), Jð!Þ in this case can be calculated. Since Eq. (33a) is the same as Eq. (22), Jð!Þ is increased by placing the planar reflector near the linear microphone array over a broad frequency band. Note that there is no potential for increasing Jð!Þ to more than M since Eqs. (33a) and (33b) denote the interference directions in which the approximated crosscorrelation between transfer functions becomes zero.
Since the upper limit of Jð!Þ is defined as M in Sect. 2.2, Jð!Þ is numbered as M if Jð!Þ becomes more than M. Since we know from Eq. (16) that the approximated output signal power is inversely proportional to Jð!Þ, P out ð!Þ is expected to be reduced and the main lobe width narrowed. Figure 4 depicts a system equivalent to that in Fig. 3 but without a planar reflector. The reflected sounds in Fig. 3 are equal to multiplying ð!Þ by the signals captured using the mirror image of the original linear microphone array, which is arranged symmetrically to the planar reflector. Hence, the placement of a planar reflector produces an effect similar to doubling the size of the microphone array. Since it is possible to collect more spatial information than when using only the linear microphone array, Jð!Þ will increase.
In our proposed method, wð!Þ is calculated using the transfer functions defined in Eqs. (23) and (24). These transfer functions are assumed to be known a priori, i.e., they should be determined by numerical simulation or premeasurement. The resultant MVDR filter should be stable, unless all microphones have a dip at a specific frequency, since ka S ð!Þk 6 ¼ 0. In practice, this assumption may be a limitation of the proposed method, and we plan to study this in the future. One of the potential approaches to solving the problem would be to use blind deconvolution or blind source separation (BSS) [16] [17] [18] . In these studies, the impulse responses or each source signal can be estimated on a blind basis.
EXPERIMENTS
We conducted numerical simulations and experiments, as explained in Sect. 4.1 and 4.2, respectively. We also show in this section that i) Jð!Þ was increased (only numerical simulations), ii) P out ð!Þ was decreased, and iii) the main lobe width was narrowed by using the proposed method.
Numerical Simulations

Simulation conditions
A linear microphone array consisting of 16 microphones spaced 0.04 m apart was used to capture 91 sound sources located every 1 degree between 0 and 90 degrees. The source signals were assumed to be an uncorrelated time series. For the conventional method, the linear microphone array without a reflector was placed in a free acoustic field, as shown in Fig. 2 , and the MVDR beamformer was used in the array observation. The filter of the MVDR beamformer was calculated by substituting the array manifold vector defined by Eqs. (17) and (18) into Eqs. (6) and (10), respectively. In the proposed method, on the other hand, the planar reflector was placed at a right angle to the linear microphone array in a free acoustic field, as shown in Fig. 3 . The reflection coefficient ð!Þ was fixed at 0.8 in all frequency ranges. The planar reflector was placed either 0.4 or 0.8 meters away from the center of the array. Then, the filter was calculated by substituting the transfer functions defined by Eqs. (23) and (24) into Eqs. (6) and (10), respectively. Other conditions are listed in Table 1 . Figure 5 shows Jð!Þ calculated for each frequency range by the conventional method using Eq. (22). In contrast, Fig. 6 shows Jð!Þ obtained by the proposed method with Eqs. (33a) and (33b). From Figs. 5 and 6, it is clear that Jð!Þ is increased by using the proposed method over a broad frequency range. Figure 7 shows P out ð!Þ, which is calculated by the conventional method, and Fig. 8 shows P out ð!Þ calculated by the proposed method. From  Figs. 7 and 8 , we can see that by using the proposed method, P out ð!Þ was reduced to about half that obtained by the conventional method for each frequency band. Figures 9 and 10 are plots of the spatial directivity of wð!Þ when the target source arrived from 45 and 60 degrees, respectively. The results indicate that the main lobe width, when using the proposed method, was narrowed to about half that obtained by the conventional method. The influence of distance l seemed to be minimal, as there was no significant difference in the resultant output signal power shown in Fig. 8 , although some differences can be seen in the number of orthogonal transfer functions (see Fig. 6 ). We confirmed from the above simulation results that the proposed method is effective in reducing P out ð!Þ and in forming sharp directivity. We also concluded that the influence of the distance between the reflector and the microphone array on the noise reduction is very small and limited.
Simulation results
Experiments Using Actual Reflector
Experimental conditions
The experiments using an actual planar reflector were conducted in a soundproof chamber. The reverberation time was 120 ms at 1.0 kHz. The arrangement of the microphone array and the procedure for calculating filters were the same as those used for the numerical simulations in Sect. 4.1. In this experiment, the transfer functions, which are needed to calculate filters, were measured a priori since the reflection coefficient of the actual reflector was unknown. The directivity of the loudspeaker that was used to measure the transfer functions is shown in Fig. 11 . The transfer functions were measured by positioning the loudspeaker every 5 degrees between 0 and 90 degrees (19 directions in total). With the conventional method, only the linear microphone array was used to measure the transfer functions. With the proposed method, on the other hand, the planar reflector was placed near the array, as shown in Fig. 12 . The planar reflector was a square resin board made of acrylonitrile butadiene styrene (ABS). The board was 0.5 m long on each side and 15 mm thick. The target and interference sources were assumed to be uncorrelated with each other, and thus, P out ð!Þ and the directivity of wð!Þ were calculated using the measured transfer functions. Other conditions are listed in Table 2 . 4.2.2. Experimental results Figure 13 shows plots of P out ð!Þ for each frequency. The results indicate that P out ð!Þ obtained by the proposed method was reduced to about half that obtained by the conventional method for each frequency. These properties are the same as those in the numerical simulations. Figures 14 and 15 show the directivity of wð!Þ when the target arrived from 45 and 60 degrees, respectively. Since P out ð!Þ obtained by the proposed method was reduced by about half, the main lobe width also became about half that in the conventional method. We confirmed that the proposed method is effective in reducing P out ð!Þ and forming sharp directivity over a broad frequency range. 
CONCLUSION
We proposed a method to achieve sharp directive beamforming using a planar reflector. In this method, beamforming filters are designed using transfer functions, taking the acoustic properties of the reflector into consideration. Since spatial information is increased by placing the reflector near the microphone array, the output signal power is suppressed. This makes it possible to form a narrower main lobe. We showed that the output signal power was approximately halved when a planar reflector was placed at a right angle to the linear microphone array. Numerical simulations and experiments were conducted using an actual reflector and linear microphone array. The results indicated that the beam width became about half that obtained by the conventional MVDR method without the reflector. Therefore, we confirmed that the proposed method was effective in reducing the output signal power and narrowing the beam width.
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